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PURPOSE
The purpose of this document is to describe all technical aspects of this thesis project in
one place. The tracking, overdubbing, editing, and mixing processes are all outlined in this
document. All pictures have been omitted from this document and included on a Dropbox link in
order to save space here and keep things concise. Analysis of the project itself and its results will
be compiled in a separate document. Thank you for reading.
TRACKING
The tracking process began with loading all the necessary gear. In the control room of
REM Studio A, I assembled my digital workstation. This workstation was a combination of my
personal gear as well as gear loaned from the studio. My gear consisted of an Apple Mac mini
M1, a Thunderbolt 3 USB hub, a 27” curved monitor, mouse and keyboard, and my personal
rack of equipment. In this rack was a Furman M-8Lx power conditioner, a UAD Apollo x8, and
a 3rd Generation Focusrite Scarlett 18i20 (to be used as a backup interface). On loan from the
studio were two UAD Apollo 8p units along with their respective power and data cables. I daisy
chained the 2 8p units together with a Thunderbolt 2 cable, then ran another Thunderbolt 2 cable
into my x8 with a Thunderbolt 2 to Thunderbolt 3 adapter. The x8 was connected to the Mac
mini via Thunderbolt 3.
In an attempt to control the analog system at the same time as the digital system, I ran a
BNC cable from the Avid SYNC HD into the Word Clock input of my Apollo x8. This did not
achieve the result I had been hoping for. To get around this, I positioned my keyboard and the
studio’s keyboard right next to each other vertically. This way, I would be able to hit 3 on the
numberpad on both keyboards simultaneously to start recording into both systems at the same
time.
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Once the digital workstation was assembled, I went to 34 Music Square East with my
assistant Camryn Beeman to retrieve the analog splitter and cables from the Sound
Reinforcement classroom. I then transported the splitter and 2 RAMLATCH fanouts back to
Belmont and set them up in the live room of REM Studio A. One RAMLATCH connector was
labeled “ANALOG” and was connected to the main output of the splitter. The other
RAMLATCH connector was labeled “DIGITAL” and was connected to Split 1 of the splitter. I
connected the analog split to the main output because I planned to run 48V phantom power from
the Neve console, rather than the Apollo units.
Once my RAMLATCH fanouts were connected to the splitter, I began running cables
into its XLR inputs. I coiled the cables at the base of the splitter to prepare for the rest of the
tracking session. Since the fanouts of the RAMLATCH cables were not long enough to reach
every tie line panel in the tracking room, I had to anticipate using extra cables to daisy chain off
the fanout and reach the tie line panels. This later proved to be a successful strategy.
I asked my musicians to come in later this same day to load in their gear, which would
allow me to jump right into tracking in the following days. The musicians brought the following
equipment:
DRUMMER (Zach Powers):
-

Kick Drum

-

Snare

-

Cymbals

BASSIST (Andalyn Lewis):
-

Genz-Benz Cabinet

-

Genz-Benz Shuttle Head
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-

Fender Precision Bass

GUITARIST (Kirk Tegtmeier):
-

Supro Amplifier

-

Pedalboard

-

Fender Stratocaster

All amplifiers and drums were set up in their respective places and the setup of mics then began
after that. I also loaded an instance of the Neve 88RS channel strip onto the Unison slot of every
UAD Console channel I intended to use. I will now go into detail about how each piece of gear
was put together, in the order that the instruments appear on the microphone input list.
DRUMS
The studio kit was used for the majority of the drums. We set up the kick drum, rack tom,
and floor tom, as well as all the cymbal and snare hardware. Zach brought his own kick drum to
be placed in front of the studio kick to get a similar sound to what was achieved on the record.
Zach’s snare was placed on the snare hardware and the cymbals were placed on the cymbal
hardware. Microphones were then setup around the kit:
Kick In (MIC LINE 1): an AKG D112 was placed between the two kick drums,
pointing inside the studio kit through the porthole. The capsule of the microphone was angled
towards the beater of the drum.
Kick Out (MIC LINE 2): a Cascade Fathead was placed outside the resonant head of
Zach’s kick drum, about 4 inches away. This microphone was on-axis with the drum.
Snare Top (MIC LINE 3): a Shure SM57 was angled in such a way that it was off-axis with the
snare drum, with the null of its cardioid polar pattern pointing towards the crash cymbal that was
closest to it. The microphone was about 2 inches from the head of the snare drum.
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Snare Bottom (MIC LINE 4): a Shure SM57 was pointed upward at the bottom of the
snare drum to capture the sound of the snares. This microphone was about an inch from the
bottom of the drum.
Hi Hat (MIC LINE 5): a Neumann KMi84 was pointed downwards about an inch and a
half away from the edge of the hi hat. This was to capture an off-axis sound from the cymbal and
avoid harshness in the recording.
Overheads (MIC LINES 6 & 7): a spaced pair of Neumann U87s were mounted about 3
feet above the kit. They both pointed down directly at the kit.
Room Center (MIC LINE 8): an AKG C414 EB was placed about 8 feet from Zach’s
kick drum, about 4 and a half feet from the ground. This mic was pointed directly at the drum kit
and was intended solely to capture the roomy sound of the drums.
BASS
Andalyn brought her own amplifier and bass for her performance on the track. A DI was
set up in the tracking room with a thru line running to her amplifier. The amplifier itself was
placed in the mic locker (B-10) to avoid bleed in the drum mics and vice versa.
Bass DI (MIC LINE 9): a Countryman Active DI was placed in the tracking room next
to where Andalyn was to sit. Her bass ran into the DI via a ¼” instrument cable. The XLR output
was connected to the split and the DI Thru output was connected to her amplifier in the mic
locker via a ¼” instrument cable.
Bass Amp (MIC LINE 10): a Shure SM57 was placed about an inch from the grille of
the bass cabinet. It was angled slightly downward and was positioned toward the top of the
speaker cone to capture a bit of an off-axis tone.
ELECTRIC GUITAR
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Kirk and his amplifier were placed in the iso booth directly to the left of the drums. I saw
no reason for him to be separate from his amplifier, so I felt confident placing him there with it.
His guitar was connected directly to his pedalboard via a ¼” instrument cable and the pedalboard
was connected to the amplifier in the same manner. Two microphones were used on his
amplifier.
Electric Guitar 1 (MIC LINE 11): a Cascade Fathead was placed about 2 inches from
the grille of Kirk’s Supro amplifier, directly in front of the dust cover of the right speaker. I
wanted a clear, direct, on-axis sound from this microphone.
Electric Guitar 1 Other (MIC LINE 12): a Shure SM57 was placed directly to the left
of the Fathead, about 2 inches from the grille of Kirk’s Supro amplifier. The capsules of the two
microphones were aligned to minimize phase interactions when mixing. Since this microphone
was to the left of the Fathead, it was picking up some of the darker sounds of the speaker cone
itself.
KORG 01/W proX (MIC LINES 13 & 14)
This keyboard was used as a pad underneath the rest of the instruments in the track.
Camryn Beeman played this during the tracking session. It was moved into the control room on a
cart. The patch that was used was “A71 Spit Organ”; I thought this provided a nice foundation
for the rest of the instruments. The left and right outputs were both connected to individual
Rupert Neve DIs.
RHODES (MIC LINE 15)
The Rhodes keyboard was moved into the control room. A ¼” instrument cable was
taken from the Output jack on the front of the keyboard into a Countryman Active DI. An XLR
line was run from the DI into the splitter. This was overdubbed.
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STRINGS (MIC LINES 16 & 17)
Since I was not able to get real strings in the studio, we found a different patch on the
Korg keyboard that was already being used as a pad. The left and right outputs were both
connected to individual Rupert Neve DIs. These were overdubbed.
LEAD VOCALS (MIC LINE 41)
I placed my vocalist Chloe Hogan in the iso booth directly to the right of the drum kit. I
did this to minimize bleed from the drums into her microphone. I had her sing into an AKG
C414 EB equipped with a pop filter.
BGV 1 (MIC LINE 42)
The setup from the lead vocals was used. This was overdubbed.
BGV 2 (MIC LINE 43)
The setup from the lead vocals was used. This was overdubbed.
With all of the instruments and amplifiers loaded in and set up, I then patched my cue system so
that my musicians would be able to hear themselves while tracking. I sent Kick In, Snare Top, Hi
Hat, Bass DI, Electric Guitar 1, mono Keys, Lead Vocals, and Click. I then allowed everyone but
Zach to leave. Zach stayed behind to let me set good gain structure for the drums and adjust
microphones as needed to get good drum sounds. After I was happy with the gain on each analog
channel, I would turn around and adjust the gain on the corresponding Unison plugin and ensure
it was behaving the same way. Once I was satisfied with how the drums sounded and how my
gain structure was set up, I let Zach leave. I took pictures and documented everything from the
day.
The next day, I came in to prepare for the tracking session later that evening. Because the
talkback built into the console was not functioning how I wanted it to, I grabbed an SM58 from
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the microphone locker and ran an XLR line into the splitter to get it into the console. This way, I
would be able to mute and unmute myself without the musicians hearing a talkback that was on
all the time once patched elsewhere. I also had Camryn record a pass of the intro to the song to
save time on tracking. The intro of the song has a lot of odd time signatures and switches in
weird spots, so I figured that recording a pass and then sending it to the musicians’ cues would
be a good strategy to keep everyone fresh. Once we recorded a pass I was satisfied with, I sent it
to the Powerplay cue system.
The musicians arrived that evening. To start off the tracking session, I had Zach go ahead
and play his drum kit so I could double-check my drum gain structure and make sure I was still
happy with it. I then set my analog and digital gain for my Bass DI and amp, then the guitar
microphones. I had already set good gain on my keyboard DIs earlier that morning, so I didn’t
need to worry about them. Last, I had Chloe sing into her microphone and set my analog and
digital gain for her.
OVERDUBS
Once I was confident that I had the takes I needed from tracking, I was able let my
musicians pack up their gear and head home. The next day, I had Chloe come back to do lead
vocal and BGV overdubs. I had her redo a couple takes of the lead vocal part. Once I was ready
to have her do the BGV parts, I would re-patch her microphone into a different channel on the
console. We ended up with great harmonies from Chloe. Once I was satisfied with her takes, I let
her leave.
I also had Kirk come back in to overdub the Rhodes keyboard in the beginning of the song. I
wheeled the Rhodes into the studio control room so that he would be able to play using the board
mix as his cue rather than having to patch more channels into the Powerplay system. A ¼”
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instrument cable was taken out of the front output of the Rhodes into a DI box. An XLR line
from the DI was run out the door of the control room into the splitter in the tracking room.
Overdubbing this instrument was probably one of the most time consuming parts of the whole
process; as I mentioned earlier, the intro to the song has lots of weird time signatures and
changes, so it took lots of practice for Kirk to get it down. I was able to get several good takes
from Kirk and I let him leave.
EDITING
With all of my tracking and overdubs completed, I was finally able to jump into the
editing process. I sat down to work at the studio’s computer and had Camryn working on my
Mac mini on the counter. Therefore, I would edit the analog session and she would edit the
digital session. We worked systematically: I would audition one playlist of a particular
instrument until I heard a mistake. I would then copy the good section onto the main playlist of
the instrument and instruct Camryn what range of bars to copy and on what playlist in the digital
session. I would then listen through the other takes to find a suitable replacement for the mistake
and copy that section to the main playlist. I would then coordinate that range of bars and playlist
to Camryn and she would copy that to her main playlist. We continued to do this for all
instruments in the session.
We did run into one slight problem doing it like this: because both sessions weren’t being
controlled by one keyboard, the recordings started in ever so slightly different spots. This meant
that the ranges of bars that I was communicating to Camryn were not 100% correct. They were
mostly correct, but not exactly to what I was seeing in the analog session. To remedy this, I
quality controlled her work against my analog session. I used the slip tool to extend and reduce
edits ever so slightly so that everything matched up with the analog session. I then listened
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several times through both sessions to make sure that everything lined up correctly with each
other and to make sure that there were no extraneous clicks or pops.
One very valuable asset during the editing process was Pro Tools’ tendency to color
playlists different colors from the main playlist. This made it easy to coordinate with Camryn as
well as to verify that we were making the same edits during quality control.
MIXING
With all the tracking and overdubbing completed and both sessions prepped, it was
finally time to begin mixing the song. I mixed primarily on the Neve console, then later copied
over all of my moves into Pro Tools. To begin, I made sure to have an instance of the UAD Neve
88RS plugin on every channel. All of the DSP provided by the three Apollos allowed this to
happen. Whenever I added aux equipment onto any of my analog channels, I did the same within
Pro Tools. The following is a list of how I processed each channel, starting at the top of the
channel strip and working my way down. Pictures are included on the Dropbox link.
DRUMS
Kick In:
-

FILT: HP and LP off
o I did not want to get rid of the low or high ends of my kick tone.

-

DYN: COMP and GATE off
o I did not want to gate the kick; I was going for a very organic, natural sound. I
also felt that the dynamics were just fine.

-

AUX: Aux 1 on, post-fader. Set to 75% (this value was assumed to be unity gain).
o This was a send to the Parallel Compression channel.

-

INS: Off
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o I used no inserts on this channel.
-

EQ: Off
o I really liked how the kick in sounded without any equalization.

Kick Out:
-

FILT: HP and LP off
o I did not want to get rid of the low or high ends of my kick tone.

-

DYN: COMP on, GATE off
o RATIO – 3:1
o THR - +2 dB
o REL – 0.03s
o GAIN – 6 dB
o I wanted to use the compressor to get a little more punch out of the kick out
mic.

-

AUX: All off

-

INS: Off
o I used no inserts on this channel.

-

EQ: Engaged, post-DYN
o 3.6 dB boost at 580 Hz with a fairly wide Q
o I wanted to give the kick out mic a bit of “woof”

Snare Top
-

FILT: HP and LP off
o I did not want to get rid of the low or high ends of my snare tone.

-

DYN: COMP on, GATE off
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o RATIO – 2:1
o THR - -4 dB
o REL – 0.03s
o GAIN – 3 dB
o I used the compressor to control the snare’s dynamics and give it some more
punch.
-

AUX:
o Aux 5 on, post-fader. Set to 75%.
§

This was a send to the AMS RMX16 room reverb.

o Aux 1 on, post-fader. Set to 75%.
§
-

This was a send to the Parallel Compression channel.

INS: Off
o I used no inserts on this channel.

-

EQ: Engaged, post-DYN
o 7.2 dB cut at 870 Hz with a slightly wide Q.
o 7.2 dB cut at 4.6 kHz with a fully wide Q.
o 3.6 dB shelving cut at 9.5 kHz
o I wanted to get rid of some muddy, boxy sounds around 870 Hz. 4.6 kHz was
also feeling “bitey”. Lastly, the snare was too bright, so I used a shelf to bring
down the high end.

Snare Bottom
-

FILT: HP engaged at 240 Hz, LP off
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o I wanted to remove unnecessary low end from the snare bottom mic so it did
not cause phase cancellation with the kick mics.
-

DYN: COMP on, GATE off
o RATIO – 3:1
o THR - +5 dB
o REL – 0.03s
o GAIN – 3 dB
o I wanted to use the compressor to control the dynamics of the snare drum.

-

AUX:
o Aux 5 on, post-fader. Set to 75%.
§

This was a send to the AMS RMX16 room reverb.

o Aux 1 on, post-fader. Set to 75%.
§
-

This was a send to the Parallel Compression channel.

INS: Off
o I used no inserts on this channel.

-

EQ: Engaged, post-DYN
o 7.2 dB cut at 3.6 kHz with a fully wide Q
o 7.2 dB shelving cut at 4.7 kHz
o I used the EQ to take some brightness out of the snare bottom mic and make it
sit better in the mix.

OH Hat
-

FILT: HP engaged at 115 Hz, LP off
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o I wanted to remove unnecessary low end mud to avoid phase cancellation with
the rest of the drums.
-

DYN: COMP on, GATE off
o RATIO – 2.6:1
o THR - -4 dB
o REL – 0.3s
o GAIN – 3 dB
o I wanted to the overhead mics to duck a small amount every time the snare hit
for a nice, even feel.

-

AUX: All off

-

INS: Off
o I used no inserts on this channel.

-

EQ: Engaged, post-DYN
o 10.8 dB cut at 870 Hz with a very wide Q
o 7.2 dB cut at 3.6 kHz with a fully wide Q
o 3.6 dB shelving cut at 5.9 kHz
o I wanted to clean up low end mud and annoying midrange ringing in the
overhead mics. I also like slightly dark overhead mics, hence the shelving cut.

OH Ride
-

Processed exactly the same as the OH Hat.

Room Center
-

FILT: HP engaged at 80 Hz, LP off
o I wanted to keep low end mud out of this mic.
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-

DYN: COMP on, GATE off
o RATIO – 5:1
o THR - +5 dB
o REL – 0.03s
o GAIN – 3 dB
o I wanted to crush the room mic to give the drums a more explosive and
transient sound.

-

AUX: All off

-

INS: Off
o I used no inserts on this channel.

-

EQ: Engaged, post-DYN
o 10.8 dB cut at 580 Hz with the Q at the detented center position
o 10.8 dB cut at 4.6 kHz with a fully wide Q
o 10.8 dB shelving cut at 7 kHz
o I wanted to tame the harsh ringing and boxiness of the room microphone in
order for it to be more effective in the mix.

BASS
Bass DI
-

FILT: HP and LP off
o I did not want to get rid of the low end of my bass.

-

DYN: COMP and GATE off
o I felt happy with the dynamics of the bass.

-

AUX: All off
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-

INS: Off
o I used no inserts on this channel.

-

EQ: Engaged, post-DYN
o 3.6 dB shelving cut at 100 Hz
o I wanted to control the invasive low end without removing it entirely with
filters.

Bass Amp
-

FILT: HP and LP off
o I did not want to get rid of the low end of my bass

-

DYN: COMP and GATE off
o I wanted to use outboard dynamics processing rather than the console’s
onboard compressor.

-

AUX: All off

-

INS: Engaged, post-EQ
o I used a Blueface 1176 Rev A on the bass. This was to make it sound fatter
and warmer.
o RATIO – 4:1
o ATT – 4
o REL – 3
o INPUT – 36
o OUTPUT – 15

-

EQ: Engaged, post-DYN
o 3.6 dB shelving cut at 100 Hz
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o I wanted to control the invasive low end without removing entirely with
filters.
ELECTRIC GUITAR
Electric Guitar 1
-

FILT: HP and LP off
o I did not feel the need to filter out the high or low end of the guitar.

-

DYN: COMP and GATE off
o I was happy with the dynamic performance of the guitar without any
additional processing.

-

AUX:
o Aux 3 on, post-fader. Set to 75%.
§

-

This was a send to the left side of the Lexicon 480L reverb.

INS: Engaged, post-EQ
o I used an API 560. This was because I like the sound of an American graphic
EQ on electric guitars.
o 6 dB cut at 63 Hz
o 6 dB cut at 250 Hz
o 6 dB cut at 1 kHz
o 6 dB cut at 2 kHz
o 6 dB cut at 4 kHz
o 12 dB cut at 8 kHz
o 12 dB cut at 16 kHz

-

EQ: Engaged, post-DYN
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o 7.2 dB cut at 2.3 kHz with a slightly wide Q
o I wanted to further control annoying midrange to assist the API 560.
Electric Guitar 1 Other
-

Processed exactly the same as Electric Guitar 1, but with Aux 4 engaged rather than
Aux 3.

KORG
Korg L
-

FILT: HP and LP off
o I was happy with the sound of the pad and felt no need to use any filters.

-

DYN: COMP and GATE off
o I liked the dynamics of the pad and felt no need to compress it.

-

AUX:
o Aux 3 on, post-fader. Set to 75%.
§

-

This was a send to the left side of the Lexicon 480L reverb.

INS: Off
o I used no inserts on this channel.

-

EQ: Off
o I liked the sound of the pad as it was and felt no need to modify it with EQ.

Korg R
-Processed exactly the same as Korg L, but with Aux 4 engaged rather than Aux 3.
RHODES
Rhodes
-

FILT: HP and LP off
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o I was happy with the sound of the Rhodes and felt no need to use any filters.
-

DYN: COMP and GATE off
o I liked the dynamics of the Rhodes and felt no need to compress it.

-

AUX:
o Aux 4 on, post-fader. Set to 75%.
§

This was a send to the right side of the Lexicon 480L reverb.

o Aux 3 on, post-fader. Set to 75%.
§
-

This was a send to the left side of the Lexicon 480L reverb.

INS: Off
o I used no inserts on this channel.

-

EQ: Off
o I liked the sound of the Rhodes as it was and felt no need to modify it with
EQ.

VOCALS
Lead Vocals
-

FILT: HP and LP off
o I didn’t notice anything in Chloe’s voice that needed to be completely filtered
out.

-

DYN: COMP and GATE off
o I really loved Chloe’s dynamic range during her performance and didn’t want
to alter it with a compressor.

-

AUX:
o Aux 4 on, post-fader. Set to 75%.
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§

This was a send to the right side of the Lexicon 480L reverb.

o Aux 3 on, post-fader. Set to 75%.
§
-

This was a send to the left side of the Lexicon 480L reverb.

INS: Engaged, post-EQ
o I used a Maag EQ4 to add some extra air to Chloe’s vocal performance.
o AIR Band boosted 4.5 dB at 40 kHz

-

EQ: Engaged, post-DYN
o 7.2 dB cut at 580 Hz with a slightly wide Q
o 7.2 dB cut at 3.6 kHz with a slightly wide Q
o 3.6 dB shelving boost at 5.9 kHz
o I wanted to remove some boxy low-mids and honky midrange while also
giving the performance some extra air to make it shine.

BGV 1
-

FILT: HP off, LP engaged at 7.5 kHz
o I wanted to reduce a lot of presence of the BGV so it didn’t clash too much
with the lead.

-

DYN: COMP and GATE off
o I really loved Chloe’s dynamic range during her performance and didn’t want
to alter it with a compressor.

-

AUX:
o Aux 4 on, post-fader. Set to 75%.
§

This was a send to the right side of the Lexicon 480L reverb.

o Aux 3 on, post-fader. Set to 75%.
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§
-

This was a send to the left side of the Lexicon 480L reverb.

INS: Off
o I used no inserts on this channel.

-

EQ: Off
o I liked the sound of Chloe’s voice with the filter and felt no need to modify it
with EQ.

BGV 2
-

Processed exactly the same as BGV 1.

EFFECTS
Note: In Pro Tools, effects that spanned two channels were created as stereo Aux Input tracks.
The Neve 88RS plugin was instantiated as a multi-mono plugin in order to have independent
control over the left and right sides while managing DSP usage. The effect plugin (e.g., 117LN)
was instantiated before the 88RS plugin to try and model the analog signal flow as closely as
possible.
ROOM REVERB (AUX 5 -> AMS RMX16 -> 18+19)
-

FILT: HP and LP off
o I did not feel the need to filter the sound of this reverb.

-

DYN: COMP and GATE off
o I did not feel the need to gate or compress the sound of this reverb.

-

AUX: All off

-

INS: Off
o I used no inserts on this channel.

-

EQ: Off
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o I liked the sound of the reverb without any EQ.
-

RET: Engaged
o I engaged the RET button to “solo-safe” the channels on the console. The
track was solo-safed within Pro Tools.

-

AMS RMX16:
o The ROOM A1 program was used on this unit. There was no predelay and
there was a decay time of 5 seconds.

K+S PARA COMP (AUX 1 -> 1176LN REV E -> 25)
-

FILT: HP and LP off
o I did not feel the need to filter the sound of the parallel compression.

-

DYN: COMP and GATE off
o I did not feel the need to gate or compress the sound of the parallel
compression further than what the 1176LN Rev E was already doing.

-

AUX: All off

-

EQ: Off
o I liked the sound of the smashing without any EQ.

-

RET: Engaged
o I engaged the RET button to “solo-safe” the channel on the console. The track
was solo-safed within Pro Tools.

-

1176LN Rev E:
o Input: 21 dB
o Output: 30 dB
o Attack: 3
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o Release: 7
o Ratio: 8:1
o I wanted a compressor that would slam the transients and bring out the detail
in the drums, so I went with the Rev E. I liked the fast FET attack and release
times and I think it was the right tool for the job.
480L (AUX 3&4 -> LEXICON 480L -> 26+27)
-

FILT: HP and LP off
o I did not feel the need to filter the sound of this reverb.

-

DYN: COMP and GATE off
o I did not feel the need to gate or compress the sound of this reverb.

-

AUX: All off

-

EQ: Engaged, post-DYN
o 10.8 dB shelving cut at 9 kHz
o I felt that the reverb was a bit too bright and getting in the way of the vocals.
The shelving cut helped make the reverb darker and helped everything sit
better.

-

RET: Engaged
o I engaged the RET button to “solo-safe” the channels on the console. The
track was solo-safed within Pro Tools.

-

Lexicon 480L
o Page 1
§

Reverb Time: 0.825 s

§

Shape: 210
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§

Spread: 197

§

Size: 31 meters

§

HF Cutoff: Full Range

§

Predelay: 0 ms

o Page 2
§

Bass Multiply: 1.0

§

Crossover: 120 Hz

§

Reverb Time HF Cutoff: Full Range

§

Diffusion: 99

§

Decay Opt Effects: 1

§

Mix: 100%

o Page 3
§

Echo Level 1: -8 dB

§

Echo Level 2: -9 dB

o Page 4
§

Echo Delay 1: 14 ms

§

Echo Delay 2: 18 ms

o I wanted a very lush sounding reverb, specifically for the vocals, so I knew
that the 480L was the tool for the job. Although the reverb time itself was
lower than the value I used for the room reverb, I think the 480L sounds nice
and serves its purpose in the mix.
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This concludes the documentation for the project. All pictures can be found on the Dropbox link.
The project analysis document will dive further into mixing decisions and difficulties that came
up during the project process.
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ABSTRACT
In the modern era, anyone can be an audio engineer. Recording equipment and
microphones have never been more accessible to the consumer thanks to the rise of computers
and digital signal processing. With the introduction of USB-powered audio interfaces, amateur
artists can go from unknown to internationally viral overnight from the comfort of their own
bedroom. With the introduction of audio plugins that model real analog recording equipment,
professional audio engineers can take their work with them wherever they go. The ubiquity of
computers has allowed such hardware and software to be priced competitively while retaining
the precision required in audio engineering.
Some companies, such as Universal Audio, pride themselves on their plugins, offering
zero-latency, real-time processing digital emulations of analog equipment. The plugins sound
almost identical to their counterparts, aiming to capture every bit of mojo within their
complicated algorithms. The objective of this thesis project is to figure out just how closely these
plugins are able to match the equipment that they are modeled after.
This pitting of analog versus digital will be accomplished by recording a band (playing
Alabama Shakes’ Sound and Color) through two different recording rigs simultaneously. One
rig, the analog rig, will be the Neve VR console in REM Studio A. The other rig, the digital rig,
will be comprised of several of Universal Audio’s Apollo audio interfaces, emulating the
channels of the Neve console. Every setting on the digital channels will be matched exactly with
the settings of the Neve’s channels. The two recordings will be edited, overdubbed, and mixed,
matching every single setting and parameter with each other.
The end result will be a set of two mixes, one completely analog and the other completely
digital, all necessary studio documentation, a full objective and subjective analysis of the two
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mixes, and a blind preference survey of 30 people, asking which of the two mixes the subjects
preferred.
THE PROCESS
The entire process began with preproduction planning. I began with this idea of
simultaneous tracking between the analog domain and its digital reproductions and ran from
there. I knew that I would have access to a full studio with a large-format recording console as
well as vintage outboard gear thanks to the studios on-campus at Belmont University. Knowing
that the analog side was already taken care of, I began research on how I would accomplish the
digital recording. I decided that the main baseline for the digital emulations would be the
Universal Audio Neve 88RS channel strip plugin.
A little background: the Neve VR Legend originally came out in 1988 and the Neve
88RS released in 2001. Obviously, the 88RS is a newer console, but when one compares the
channel strips of the two consoles, it is clear why I thought this negligible. On the two consoles,
the filters are identical, the dynamics sections are almost exactly alike, and the EQs are
remarkably similar. The preamp controls are also identical. Of course, there are plenty of routing
controls on the VR that are simply not available or needed in the plugin, so I considered those to
be negligible. The only digital bussing that needed to happen could be accomplished within Pro
Tools outside of the plugins. All these reasons are why I figured it would make sense to compare
the 88RS to the VR.
Brainworx makes a plugin called “bx_console N” that is a “TMT” model of a 72-channel
Neve VXS console owned by Brainworx founder Dirk Ulrich. I debated using this plugin for the
project, but I chose not to for a few reasons. One reason was that I would not be able to harness
the power of UAD’s real-time Unison technology while tracking. Brainworx plugins are
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completely native, so I would not be able to use the external DSP that UAD provides in their
units. Another reason is that part of the goal of the project was to test only UAD plugins, since
they are the gold standard when it comes to digital emulations of analog hardware. I did not want
to mix and match different plugin manufacturers and turn the project into something it was not
intended to be.
I had purchased a UAD Apollo x8 for personal use in May before the thesis project was
to be done, so I figured I would be able to use it for the project as well since I wanted to use
UAD’s DSP platform. I also purchased a license for the Neve 88RS Channel Strip Collection in
anticipation for the project.
After doing this, I began arranging to book studio time at Belmont and to pull some gear
from the other studios. I was able to book REM Studio A completely to myself for the week
before class was to begin in early August of 2021. This would allow me full access to the VR
console and all the surrounding analog gear. In addition to this, I was able to request to Ron
Romano that the UAD Apollo 8p units from Studios C and D be pulled from there and lent to my
project. This would allow me to expand my input count from 4 on my personal x8 to 20 inputs
on all 3 units. Because UAD units are all compatible with each other, I would be able to simply
daisy chain the 2 8p units to each other and then to the x8.
Once I had my studio equipment secured, I talked to Mike Porter and arranged to reserve
the analog splitter from Room 201 at 34 Music Square East. This was another essential part of
the project; the splitter would allow me to get signal into both the VR and the Apollos
simultaneously. He allowed me to reserve it on the condition that I put everything back where I
found it.
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Because I was to be running two instances of Pro Tools on two separate computers for
this project, I wanted to figure out if there would be a way to clock the two systems together in
an effort to control them from one set of peripherals. From the best of my research, I concluded
that the best way to do this would be to run a coaxial word clock cable from the Avid SYNC HD
located in REM Studio A into my Apollo x8. If this wasn’t possible, I would try MIDI Time
Code (MTC) to try and synchronize the systems.
With a technical plan in place, I began to put together a microphone input list to plan out
what I needed to pull from the microphone lockers. Since I would have the whole studio to
myself, I was also able to choose microphones from the staff engineer locker at the studio. A
copy of the microphone input list can be found on the Dropbox link. It was then time to start
contacting musicians. This proved more difficult than I had imagined; since it was still summer
break, some people wouldn’t be in town during the time of my project. After much trial and
error, I found the following musicians:
-

Zach Powers (Drums)

-

Andalyn Lewis (Bass)

-

Kirk Tegtmeier (Guitar and Rhodes)

-

Camryn Beeman (Assistant Engineer and Pads)

-

Chloe Hogan (All Vocals)

These musicians were a huge help and were all very flexible on this project.
When early August finally came, I drove to Nashville from Phoenix to prepare for the
project as well as the rest of the school year. I was able to follow the detailed schedule outlined
in my thesis proposal fairly closely. I treated the first day as a load-in day. With the help of
Camryn Beeman, my assistant engineer, I started by loading in my digital recording rig. This
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consisted of my rack, Mac mini M1, a 27” curved monitor, keyboard and mouse, and
Thunderbolt 3 hub. In my rack was a Furman power conditioner, the Apollo x8, and a Focusrite
Scarlett 18i20 3rd Gen (to be used as a backup). When I got into the studio, the university’s
Apollo 8ps were already laid out on the counter waiting for me.
Before setting up the digital recording rig, Camryn and I drove over to 34 MSE to pick up
the splitter. We grabbed it from the live sound reinforcement classroom along with all the
necessary RAMLATCH cables and loaded it all into my car. I put a blanket over it so as not to
scratch my bumper on its way into my trunk. We then drove it back to campus and brought it
into the live room of Studio A.
Once all the gear was there, I began setting up the digital recording rig. I made all the
necessary computer connections and verified that the Mac was running correctly. I then daisychained the Apollo 8ps together and ran them off of my power conditioner. Because these two
units are an older generation than my x8, they use Thunderbolt 2 connections, which my
interface did not have. I finished setting up everything else in the control room that I could,
noting that I would have to pick up a Thunderbolt 2 to 3 adapter from Best Buy before coming in
the next day.
Preparations then began on the splitter. Camryn and I connected the RAMLATCH snakes
to the splits on the bottom of the splitter. The primary split was to be connected to the analog
console by means of the microphone tie lines located within the live room. The secondary split
was to be connected to the Apollos by means of their rear XLR connections. To keep things
simple, the snakes were (for the most part) connected to tie line panels in order of where they
were to appear on the console (1:1 patching). This would allow me to avoid patching many tie
lines to preamps because they were all fully normalled. XLR cables were then connected to the
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inputs of the splitter in preparation for the arrival of musicians and assembly of microphones. We
got to a good stopping point; with progress crippled by the lack of a Thunderbolt adapter,
Camryn and I left for the day. On the way home, I stopped at Best Buy to get the required
adapter.
The next day, I installed the adapter onto the Thunderbolt 2 cable and plugged it into the
back of my Apollo x8. The x8 was now able to communicate with the two 8ps. I then opened
UAD Console and began configuring it for tracking. I loaded an instance of the Neve 88RS
channel strip plugin onto every available Unison slot to prepare to track the band. I wanted to do
this before they got there so as not to waste their valuable time. I also named each Console
channel to make it easier to match up with the Neve VR. I ran a coaxial word clock cable from
the Avid SYNC HD in the machine room into my Apollo x8. I then set the Clock Source to
EXTERNAL. I figured that this would let the Apollos receive clock from the SYNC HD. I
opened up Pro Tools on both computers to test the connection only to find that it didn’t work the
way I thought it had. For some reason, I was unable to get the digital rig to receive clock from
the SYNC HD. I also tried MTC to no avail. This was a bit disappointing, but was not the end of
the world—I was able to come up with another solution. I decided to put the two keyboards right
above each other. This would allow me to reach the Numpad 3 key on both keyboards with one
hand. I reasoned that this would give me negligibly closely timed recordings between the two
rigs if I was controlling recording with one hand. This later turned out to be mostly successful.
I labeled the Neve console and prepared all my channels for recording by assigning them
to their appropriate output buses. I also went around and labeled the Behringer Powerplay
stations according to how I would be patching the cue system. More specific information on this
can be found in the Documentation.
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Later that same day, my musicians arrived to load in their gear, which would allow me to
start setting up mics. I mainly focused on Zach’s drum kit because I wanted to make sure I got
really high quality drum sounds in the recordings. Once everyone was loaded in, I let everyone
but Zach leave; I wanted to set his gain that day to save time during the full recording process.
To set gain, the process went like this: I would ask Zach to hit one piece of the kit and I would
adjust the gain pot on the console. Once I was hitting a good level on the meters, I would then
turn around and adjust the gain on the 88RS plugin of the corresponding channel and verify that
it was behaving similarly to its analog counterpart. It was more important that the preamp was
set exactly the same than it was for the behavior and metering to be exactly the same. After all,
the goal was to see how well the plugins modeled the behavior at the same settings. I continued
this process for the rest of the kit. Once I was happy with everything, I let Zach go home and
Camryn and I left for the day. The next day was to be the recording day.
The next morning, Camryn and I came in and verified that everything was still working
how I wanted it to. I set up a separate talkback microphone in the control room because Zach had
mentioned that the one built into the console was always on while patched into the Powerplay,
regardless of whether the button was depressed. I remedied this by running a Shure SM58 into a
channel on the console, then sending that into the Powerplay units. This would then allow me to
mute and unmute whenever I needed to talk to my musicians. I verified with Camryn that it
worked and then we waited for the musicians to arrive later that afternoon.
While we were waiting, I had Camryn play the Korg in the control room to give the
musicians a place to start recording. Because the intro of the song has so many odd time
signature changes, I did not want the musicians to be confused and come in at the wrong time.
After a few takes of playing to a click track, we recorded a take of Camryn playing the intro to
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the song. This would be sent to the cues for the musicians to know when to come in. It would
also later be overdubbed by the Rhodes.
When the musicians arrived later that afternoon, I let them get settled before jumping
right into things. I started by having Zach re-check his drum kit, making sure that I was still
satisfied with how my levels were looking. I then had Andalyn play her bass. I set my levels for
both her DI and her amplifier microphone on the console first, then went over to the digital rig
and set the preamp knob exactly how it was on the console. I repeated this for the rest of the
instruments.
Once this was done, I ensured they could all hear the click track just fine and we were
off. We recorded several different takes of the song. It was here that I used the two-keyboard
strategy that I talked about earlier. Once they were finished, I went into the live room and asked
each musician which take they thought they played the best on. I would later use that for my
editing. I also took pictures of my final microphone placements for documentation purposes. I
then let everyone go for the night.
The next day was spent editing. I detailed the editing process in the Documentation
paper, so will not repeat myself here.
After both sessions were cleanly edited, I had Kirk and Chloe come back in to record
their overdubs. I started with Kirk recording the intro on the Rhodes keyboard . He practiced
several times to the click track to get the timing right, then we were able to get some useable
takes from him. Chloe came up with some gorgeous harmonies over herself during her overdub
process. With the overdubs completed, I let the two of them go and comped together their new
takes.

38

After the last round of editing was completed, the mixing could begin. I began my mix
solely in the analog domain, since this would be what limited me the most. On the first day of
mixing, I mainly stuck to creating a strong fader mix, since this would later shape the final mix.
After getting my levels balanced comfortably, I started to process the sounds using strictly
onboard effects. I wanted to make sure I had a very strong foundation before I moved on to using
more specialized inserts and effects processors.
Once I was happy with where I was at, I started adding my inserts. I was careful to use
only the outboard gear that I knew that UAD had made emulations of. Most of the gear I had
wanted to use anyway had in fact been modeled by UAD, so this did not prove to be a huge
problem. I did not feel limited at all either by the selection of analog gear or UAD plugins at my
disposal. It is worth pointing out that since I was using the Studio’s UAD hardware, I also had
access to all of their plugin licenses. I did not have to start any demos or purchase any other
plugins for the purposes of this project.
Once I was nearing the end of the mix, I began to transfer over my mixing moves to the
digital realm. I went channel by channel, matching exactly the filters, dynamics, EQs, and faders
to the console. I ran into a few challenges during this process:
-

Because the EQs are slightly different between the console and the plugin, I was
slightly limited in what kind of EQ moves I could make. I tried to keep the EQ
frequency selections on the console exactly on a printed frequency, that way I would
be able to closely estimate the corresponding frequency position on the plugin. I feel
that I was able to manage this very closely, as the printed values on the 88RS are
strikingly similar to the VR.
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-

Getting the faders into the exact same positions proved to be a huge challenge. I had
to look for reference points on the faders themselves in order to match up positions.
For example, I would look at the top or bottom edges of the faders, the ridges on the
faders, or even the P+G logo on the faders. I wanted to be really meticulous about this
because the fader positions almost entirely determined how the mix sounded.

-

Getting my aux sends just right within Pro Tools according to how they were on the
console also proved to be very difficult. Because the aux pots on the console are not
marked with their dB levels and the console manual makes no mention either, it was
hard to make an objectively similar level balance. I had to make educated guesses on
my aux sends in Pro Tools and compare.

I believe that I was able to overcome these challenges pretty well. Over the course of just a
couple days, I created a mix that sounded really big and full. I was most proud of my kick drum;
I thought that it sounded very close to the original record. I loved the intimacy of the rest of my
drums, too. Once I was completely happy with all my tweaks, it was time to automate the
Rhodes. Since there was no tremolo gear available for me to use in the studio, I decided to do it
by hand.
To begin with, I experimented with moving the fader up and down rapidly. I knew that
this would work in my final product. To prepare, I found a range of dB values that I thought
sounded natural for the tremolo and then removed the fader cap. I put console tape over the slot
where the fader moves at the upper and lower limits of where I wanted the fader to move. This
would restrict me to that few dB range that I liked earlier. I put the fader cap back on and did a
few practice runs. I set up a pair of channels on the console to print my mix into and began
printing the final analog mixing, doing the tremolo on the Rhodes by hand.
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I then had to do a similar thing in Pro Tools. I opened the instance of the 88RS plugin on
the Rhodes and enabled automation on its fader. I played around a bit within the dB range that I
had used on the console and got used to creating a manual tremolo with up and down movements
of the mouse. Once I was comfortable, I printed the mix into Pro Tools while doing the tremolo
on the Rhodes with my mouse.
Now that I had the two mixes, I bounced them and made sure everything was saved. I
then began tearing down all of the microphones that I had left up and coiled my cables. I put
everything back into the microphone locker where it goes and zeroed the console. I then made
sure I had all the parts from the analog splitter with me and Camryn and I wheeled it out to my
car and we took it back to 34 MSE. We went back to the studio one last time to collect my
personal gear and laid out Belmont’s Apollos on the counter where we found them previously.
That was the end of the studio part of the project.
ANALYSIS – SUBJECTIVE
I thought that this project was a lot of fun. It was a good way for me to go back and
revisit my knowledge that I retained from Audio Engineering II. I like the experience of being in
a studio for long hours just recording and mixing. I think that I have a very solid project on my
hands with results I can be happy with. Although there were some hiccups with some pieces of
the puzzle, I feel that by-and-large the project went off without a hitch. I could not have been
happier with the recording rigs that I had access to, the help I had with booking everything, and
the assistance I needed from Camryn.
This being said, I think that my mixes left a bit to be desired. I feel that the recordings
were of very high quality--particularly my drum sounds--and the musicianship was very good.
Looking back on the project, I don’t think that the mixes are as good as they could have been. In
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both mixes, I feel that some of the lower mid frequencies of the bass poke out way too much. I
also think that the digital mix completely lacks a sense of glue. This is odd, since I had two
instances of the 88RS plugin on my submaster in an attempt to emulate the summing going on
within the console. I don’t find the same problem in the analog mix—it also is noticeably
warmer.
During the mixing session, I found it difficult to work in Studio A with the big PMC
monitors. I use a pair of ADAM Audio T5V nearfield loudspeakers and I’m very used to their
frequency response. They have a clean and clear midrange and a smooth yet crisp high end. The
PMCs sound nothing like this so I found myself almost lost; I felt like I had no point of reference
for how my mix was actually going to sound. Because of this, I think that the mix turned out sort
of “lopsided”. I feel that there’s too much going on in the low end and not enough in the high
end. The mixes overall are very dark; I would have preferred a more full-range sound. This
mixing experience taught me that I don’t really like working with midfield monitors—I feel like
I’m not getting a full and accurate picture, no matter how flat their frequency response may be. I
think that I can chalk all of the things I dislike about the mix up to using the large PMC
monitors, rather than to my skills as an engineer.
As for the mixes themselves, I prefer the analog counterpart. As I mentioned, it is
noticeably warmer and has more “glue”. It feels like one unit mixed together, rather than a
collection of parts like the digital mix exhibits. I think that the digital mix is mostly convincing,
but there is still some mojo missing. I think that this gives weight to the argument of keeping
analog gear around.
ANALYSIS – OBJECTIVE
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In order to not be purely subjective about this project, I performed a few different
observations and measurements on the two mixes that I ended up with at the end of the process.
These were intended to offer me some insight into how the mixes differed from each other in
terms of phase and spectral content, rather than just by listening to them one after another. The
observations and tests follow.
-

Null Test
If the digital counterparts were able to 100% accurately model analog gear, then
an identical mix done with only plugins that model analog gear would null out with
the same mix done on analog gear. In a successful null test, two signals would be
played back at the same time, with the polarity on one of the signals flipped. This
results in the signals almost, if not fully, cancelling each other out completely. I
attempted a null test on my two mixes.
To begin with, I created a new Pro Tools session and imported my two mixes. I
created a new Submaster bus and a Master output bus. I assigned both tracks to output
to the Submaster and the Submaster to output to the Master. I then time-aligned the
tracks according to their waveforms. Initially, I thought to align them by the very
beginning of the Rhodes intro, like so:
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When I played this back, I found that the rest of the instruments later on in the song
were not aligned for some reason. So, instead of using the first transient of the
Rhodes as the reference, I used a drum transient later in the song and used that to
align the two tracks together:

This gave me much better results. After doing this, I added an instance of EQ3 1-band
to both tracks and flipped the polarity of the digital mix. I added an instance to both
tracks in order to keep any latency and delay compensation values between the two
tracks the same. I then bounced the null test with both tracks playing at the same time.
It is available on the Dropbox to listen to.
I found the results of this test very interesting. As one can hear, the two tracks do
not in fact null out completely, however, there are lots of phase interactions and some
audible phase cancellations happening. This suggests to me that while the two mixes
are not right on the money (which could be for a few reasons, which I will touch on
later), something is definitely going on that shows that the UAD software is doing
what it says on the box.
-

Noise Floor
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While I was initially trying to time-align my two tracks using the Rhodes as a
reference, I enlarged my waveforms by a lot in order to see more accurately what I
was doing. When I did this, I noticed that there is a much higher noise floor coming
off the console than there is from the UAD plugins. One is able to observe a rumble
on the analog track before the Rhodes begins playing—this is not present on the
digital track.

This could be the case for a couple of reasons: one could be that the VR console itself
is noisier than its 88RS counterpart. After all, the VR released in 1988 and the 88RS
released in 2001. That’s a 23 year gap between the two models, which is plenty of
time for engineers to improve the noise floor for the next run of consoles.
Another theory is that engineers did not want to bring in that high of a noise floor
when emulating the channel strip of the 88RS. If this is the case, that would make this
emulation not a “true” emulation of the channel strip. This is, however, pure
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speculation and I am nowhere near authorized to speak on the subject of coding
emulations.
-

Spectral Analysis via FFT
The next test/observation I made was a spectral analysis of the two tracks. I did
this using a free FFT plugin manufactured by Voxengo called “SPAN”. SPAN
allowed me to analyze the harmonic content of both tracks very easily. To accomplish
an analysis, I loaded an instance of SPAN onto each track and set them to hold their
max values. I did this so at the end of the track, I would be left with one cohesive
outline of the frequency content of the song. The max hold function draws the
maximum dB value for each frequency on the graph and holds it until a higher dB
level is reached or the plugin is reset. I ran through the entirety of the analog mix with
these settings and then took a screen capture of SPAN:
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I then did the same process for the digital mix and took a screen capture of SPAN:

The shapes of the graphs are almost unbelievably similar. The biggest difference that
I notice right away is the low end. Between 80 and 300 Hz the analog graph seems a
little sharper and the digital graph seems softer and blobbier. Through the rest of the
spectrum, however, the graphs appear almost completely identical. This blew me
away. How could two mixes that sound fairly different look so similar on the FFT
graphs? Throughout the midrange, the two tracks have the exact same frequency
peaks. This was astounding to me and showed me that the plugins must be imparting
very similar harmonic anomalies as their analog brethren.
-

Loudness
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Through these other processes, I noticed that the analog mix had larger waveforms
than the digital mix. It also came in hotter into SPAN by a few dB. I wanted to know
just how much louder the analog mix was than the digital mix, so I ran both tracks
through my TC Electronic Clarity M Stereo Loudness Meter. I measured the analog
mix to be -19.7 LUFS and the digital mix to be -21.6 LUFS. This means that the
analog mix was in fact louder than the digital mix. This is interesting considering the
amount of time I spent ensuring that my fader positions were correct within all of my
88RS plugins.
CONCLUSION
I consider this project to be an overall success. For the most part, everything worked
exactly as I expected it to. I really enjoyed the complex setup and tracking processes—it was fun
to reason through getting each signal into both systems simultaneously.
I was pleasantly surprised by the objective analyses I made of the two mixes. While I can
tell which mix is which without looking at their filenames, I was very impressed at how well the
spectral content of the two mixes lined up. One might make an argument that they look so
similar because they are using the exact same input signals and the plugins don’t matter that
much. I would argue that if I had taken the digital copy and mixed it with completely different
plugins with no regard for trying to keep the two mixes identical, I would have ended up with
something completely different. Even though I know that the two mixes are very different, I find
a lot of similarities between them.
I was particularly pleased with the results of the null test. Even though the two mixes did
not completely null, they still produced an interesting product when they were bounced. There
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are lots of destructive phase interactions that I think point to the success of the UAD engineers in
making their products. I really do think that UAD is doing something very special.
Remaining on the subject of the UAD doing something special, it is my hope that they
continue innovating in this way for a very long time. As vintage gear becomes increasingly rare
and sought-after, plugin emulations offer a very viable and realistic solution. An engineer can get
very close to the sound of analog with a plugin, but I think there is a certain mojo that is lacking
in the digital world. Something about audio traveling through many discrete components gives it
a vibe that is so elusive yet so obviously there. This vibe does come at a cost, however.
After this project, I am still of the school of thought that analog sounds better. Like I
mentioned, there’s just something about it that can’t quite be replicated. I myself am a proud
owner of analog hardware for my home studio, simply because I think that the sound of analog
can’t be beat. This being said, I still use (possible more than) my fair share of plugins when
mixing. Today’s engineers must either decide to invest in the sound of analog or decide that
digital gets close enough to cut it. Whatever they choose, I have come to the conclusion that
analog simply sounds better.
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